Abstract: The aim of this study is to investigate the effect of Adaptive Dynamic Range Optimization (ADRO) on speech identification for cochlear implant (CI) users in adverse listening conditions. In this study, anechoic quiet, noisy, reverberant, noisy reverberant, and reverberant noisy conditions are evaluated. Two scenarios are considered when modeling the combined effects of reverberation and noise: (a) noise is added to the reverberant speech, and (b) noisy speech is reverberated. CI users were tested in different listening environments using IEEE sentences presented at 65 dB sound pressure level. No significant effect of ADRO processing on speech intelligibility was observed.
Introduction
Cochlear implants (CI) have enabled sound perception and speech identification in a vast majority of individuals with severe-to-profound hearing loss. However, electric hearing possess challenges in terms of mapping the input dynamic range of the acoustic signal ($90 dB) to the limited output electric dynamic range (the range between threshold levels and the maximum comfort levels which could be as low as 5 dB). This emphasizes the need to perform intelligent compression to optimally place the characteristic features of speech in the available limited output range for better intelligibility and quality of coded sounds. Commonly used CI coding strategies such as Continuous Interleaved Sampling (CIS) (Wilson et al., 1991) and Advanced Combination Encoder (ACE) (Vandali et al., 2000) use a global compression scheme (e.g., logarithmic compression) at the output level to compensate for the loudness growth. Adaptive Dynamic Range Optimization (ADRO), on the other hand, adaptively adjusts gains in each frequency band prior to the global compression to optimally utilize the limited output range based on the signal statistics.
ADRO is a multichannel signal equalization strategy to improve the audibility, comfort, and intelligibility of sounds for individuals who use CIs and/or hearing aids (HA) (Blamey et al., 1999; Blamey, 2005) . The strategy uses statistical analysis to select the most information-rich section of the input dynamic range in multiple frequency channels, and adaptively adjusts the channel gains based on a set of fuzzy logic rules to optimally place the signal in the users' available hearing range. Thus, ADRO aims to make soft sounds more audible and loud sounds more comfortable, and is used in conjunction with sound processing in clinical HA and CI processors as a preprocessing strategy.
1 Clinical studies indicate preference for ADRO over alternative amplification strategies in quiet and various noisy conditions with HA and CI subjects (Martin et al., 2001; James et al., 2002; Dawson et al., 2004; Iwaki et al., 2008) . James et al. (2002) tested 9 adult cochlear implantees using ACE/SPEAK speech processing strategies (with and without ADRO) in quiet and in noise (multitalker babble, SNR ¼ 10 and 15 dB). Although significant speech perception improvement (16%) was observed using ADRO for low input level [50 dB sound pressure level (SPL)] in quiet, no significant improvement was seen in noise. Moreover, the environmental sound loudness tests indicated a 59% quality preference for the ADRO program in a majority of the conditions, where only 10% of the time the program without ADRO was preferred (31% of the time, sounds with and without ADRO programs were judged to have the same loudness level).
In a later study by Dawson et al. (2004) , children with CIs (mean age: 10.6 yr) were tested with and without ADRO to establish if young implantees benefit from ADRO preprocessing in the same way as adults. A smaller mean group improvement was observed when testing children with CIs in quiet (50 dB SPL) compared to adults studied by James et al. (2002) . They concluded that differences in microphone sensitivities for the two groups could be a contributing factor for this observed difference. Although speech perception scores for sentences in noise were not significantly different with and without ADRO for adults (James et al., 2002) , the speech perception scores of children improved significantly (single-digit percentage improvement) when using ADRO in noise (Dawson et al., 2004) . This may be due to the wider dynamic ranges and consequently steeper mapping functions seen in children as compared to adults (Hughes et al., 2000) . Children preferred sound coding with ADRO in 46% of the conditions, which is relatively smaller than the preference by adults (59% of conditions).
All studies conducted so far have evaluated ADRO in quiet and/or noisy (multi-talker babble) conditions (e.g., James et al., 2002; Dawson et al., 2004) . However, these two conditions do not represent the naturalistic everyday situations where CI users are challenged to understand speech in the presence of reverberation and noise, individually and in combination. Speech perception scores of CI users drop substantially in reverberant environments when early and late reflections of the direct sound are added to speech, thereby blurring both temporal and spectral characteristics of speech (Hazrati, 2012) . Unlike reverberation, noise is additive and affects speech in a different and complimentary fashion. Noise masks weak consonants to a greater degree than higher intensity vowels, but unlike reverberation this masking does not depend on the energy of the preceding segments (Nabelek et al., 1989) . Therefore, the combined effects of reverberation and noise affect speech intelligibility to a greater degree than either reverberation or noise alone (Hazrati and Loizou, 2012) .
In the present study, we compare speech intelligibility scores obtained from ten adult CI users in quiet, noisy, reverberant, and noisy þ reverberant (where noise and reverberation are simultaneously present) conditions. The main goal of the present study was to evaluate the effect of ADRO pre-processing on speech perception of CI users in adverse listening conditions in terms of intelligibility.
Methods

A. Subjects and material
Ten adult post-lingually deafened CI recipients participated in this study. All participants were native speakers of American English who received no benefit from hearing aids pre-operatively. All subjects were paid for their participation. CI users were fitted with the Nucleus 24 multichannel implant devices manufactured by Cochlear Corporation. All listeners used their devices routinely and had a minimum of 3 years experience with their devices. All participants were experienced users of ADRO as it was locked into their everyday MAPs. The detailed biographical data of the CI participants is presented in Table 1 . All subjects had at least 20 active electrodes and a stimulation rate of 900 Hz per channel (except S5 and S6 with 1200 and 500 Hz stimulation rates, respectively).
IEEE sentences (IEEE, 1969) were used as the speech stimuli for testing. The root-mean-square (RMS) level of all sentences was equalized and presented at 65 dB SPL. The reverberant stimuli were generated by convolving the clean signals with measured room impulse responses (RIR) recorded in a 227.46 m 3 room (Hazrati and Loizou, 2012 ) with a reverberation time equal to 0.6 s, which is allowable in U.S. classrooms according to ANSI S12.60 (2002) standard. The direct-to-reverberant ratio (DRR) of the RIR was À1.8 dB. The distance between the single-source signal and the microphone was 5.5 m, which is beyond the critical distance ð' 1 mÞ.
Speech-shaped noise (SSN) with the same long-term spectrum as the test sentences from the IEEE corpus was used as a continuous (steady-state) masker to generate the noisy signals at a 10 dB SNR level.
The noisy reverberant stimuli were generated using the following model [the masker was added to the reverberant stimuli at a 10 dB reverberant speech signal to noise ratio (RSNR) 2 ]:
yðnÞ ¼ fxðnÞ Ã hðnÞg þ mðnÞ;
( 1) where y(n), x(n), h(n), and m(n) denote corrupted signal (by noise and reverberation), anechoic clean signal, RIR, and additive noise, respectively. The reverberant noisy speech stimuli were generated using the following model (the noise-masked speech at 10 dB SNR was reverberated):
B. Signal processing All CI participants used ACE speech coding strategy in their clinical processors (clinical processors were programmed with the users' clinical MAP and configured with and without ADRO for each listening condition). In the ACE coding strategy, the acoustic signal is split into 22 frequency bands by a combination of coefficients produced from an FFT analysis. ADRO dynamically applies channel gains to the output of the frequency bands every 2 ms. Next, "n maxima" (bands with highest energy, e.g., eight bands) are selected and compressed through a compression scheme (typically logarithmic compression) to generate current levels in the output dynamic range of the selected (active) electrodes. ADRO uses four rules to continuously vary the input signal gain in each frequency band. The channel gain adjustments are conducted based on comfort, background noise, audibility, and maximum gain rules. The rules are applied based on the long-term calculated output levels (every 2 ms) using a percentile level estimator with a time constant of 20 dB/s. Three target levels (comfort, background, and audibility) define the dynamic range at each frequency band. The comfort rule reduces the gain if the 98th percentile of the long-term output level is greater than the target comfort level. The background noise rule decreases the gain if the 40th percentile of the long-term output level is greater than the background target level. If the 70th percentile of the long-term output is below the audibility target level, then the audibility rule increases the gain. Finally, the maximum gain rule limits the gain in order not to exceed a pre-determined maximum value [for more details on ADRO algorithm see James et al. (2002) ].
C. Procedure Subjects were tested using a clinical CI processor in a double-wall sound-proof booth (Acoustic Systems, Inc.). Recorded sentences were presented in free field at 65 dB SPL. CI listeners were tested unilaterally using the ear with the best performance. Bilateral/ bimodal listeners were asked to remove the CI/hearing aid of the contralateral ear during test. The clinical processor was programmed with each individual subject's everyday clinical MAP (e.g., stimulation rate, microphone sensitivity, comfort, and threshold levels) using Custom Sound software developed by Cochlear Limited, and was configured with and without ADRO. All CI listeners used similar compression function with a base level of 4 and Q value of 20. Participants selected their sensitivity settings based on experience with their processors. Institutional review board (IRB) approval and informed consent were obtained from all participants prior to testing.
Subjects participated in a total of ten listening conditions: (1) Anechoic quiet (T 60 % 0.0 s), (2) reverberant (T 60 ¼ 0.6 s), (3) noisy (SNR ¼ 10 dB SSN), (4) noisy reverberant (T 60 ¼ 0.6 s, RSNR ¼ 10 dB), and (5) reverberant noisy (SNR ¼ 10 dB, T 60 ¼ 0.6 s) conditions (each with and without ADRO). Twenty IEEE sentences (two lists) were used per condition.
3 None of the lists used was repeated across conditions. The sequence of test conditions was randomized across subjects to minimize any order effects. To achieve a balance test order, half the CI users were tested with ADRO (ACE þ ADRO) first, and the other half without ADRO (standard ACE). Evaluations were blind so subjects were not aware which was the ADRO condition. For each testing condition, 20 training sentences (not used in the test sessions) were played to the listener in order to familiarize them with the new condition. Participants were instructed to repeat as many words as they could identify. The responses of each individual were collected and scored off-line based on the number of words correctly identified. All words were scored. The percent correct scores for each condition were calculated by dividing the number of words correctly identified by the total number of words. To avoid listener fatigue, participants were given a 15 min break every 60 min during the test session. The entire test duration for each subject was approximately 4 h.
Results
Intelligibility listening tests were conducted in five different environments with and without ADRO. The individual as well as mean speech intelligibility scores for all five conditions are presented in Fig. 1 . The intelligibility scores progressively declined with the level of difficulty in test condition, ranging from 96% for clean to 23% in reverberant noisy environment. The mean speech intelligibility difference between ADRO and non-ADRO test conditions varied from a minimum absolute value of 0.44% in clean (ADRO > non-ADRO) to a maximum absolute value of 4.76% in reverberant noisy condition (non-ADRO > ADRO). However, individual variations between ADRO and non-ADRO conditions ranged from À26% to þ24%. On average, non-ADRO program performed slightly better (3.23%) than the ADRO program in the most challenging listening conditions (R, NR, and RN from Fig. 1 ). Repeated-measures analysis of variance (ANOVA) was performed to assess the effect of environment type and program (ADRO/non-ADRO) on the intelligibility scores with an a factor set to 0.05. Subjects were considered a random (blocked) factor, while environment type and ADRO/non-ADRO conditions were used as the main analysis factors. No statistically significant difference in speech intelligibility was found between ADRO/non-ADRO conditions (F[1,9] ¼ 0.656, p ¼ 0.439). The interaction between the environment type and ADRO/non-ADRO conditions was not significant (F[4,36] ¼ 0.900, p ¼ 0.474). However, a significant main effect of environment type on speech intelligibility was observed (F[4,36] ¼ 333.937, p < 0.001). The post hoc Bonferroni test for pairwise comparisons between the five environment types indicated significant differences between all, with the exception of reverberant-noisy and noisyreverberant environments (p ¼ 1.000). In order to assess the effect of CI users' MAP parameters on speech intelligibility, correlations between the subjects' average electric dynamic range and speech intelligibility scores were computed for the five environment types for ADRO/non-ADRO programs. The results are presented in Table 2 . Speech intelligibility was positively correlated with average electric dynamic range in all five conditions.
Summary and discussion
The main goal of this study was to assess the effect of ADRO pre-processing on speech intelligibility for CI users in various listening environments (anechoic quiet, noisy, reverberant, noisy reverberant, and reverberant noisy).
The ADRO strategy was initially developed for bimodal listening and has been previously validated for hearing aids and cochlear implants (Blamey, 2005) . Studies by James et al. (2002) and Dawson et al. (2004) concluded that sound quality and speech perception performance were improved using ADRO as compared to fixed channel gains in both adults and children. The later study with children suggested ADRO to be locked into the processor for young children whose MAPs have been stabilized and may be left as an option for the older ones. In line with previous studies, Iwaki et al. (2008) reported significantly improved speech intelligibility with ADRO for six adult CI users in clean and noisy conditions using Japanese hearing in noise test (JHINT). However, all studies assessing the effect of ADRO pre-processing on speech intelligibility of CI users only considered anechoic quiet and noisy environments. The current study aimed to assess the potential ADRO benefit in everyday realistic environments where reverberation and/or noise can exist individually or in combination.
For all five environment types, our results indicate non-significant speech intelligibility benefit of ADRO over standard ACE program when speech material at 65 dB SPL were presented to CI users. Due to the subjective variability in scores, no clear trend in the pattern of results for either condition/program was found. On average, intelligibility scores for standard ACE program (non-ADRO) were only 1.23% higher than the ACE þ ADRO program.
On average, the standard ACE program performed better than the ACE þ ADRO program in R, NR, and RN conditions by 3.23%. Seven out of ten subjects had equal or better scores for the non-ADRO program in NR and RN conditions. One of the potential causes which could be attributed to this is that low energy late reflections of the reverberant sound may become amplified by the ADRO strategy as it tends to amplify low-intensity sounds. In such a scenario, ADRO programming may not be beneficial in reverberant environments. Further investigation into how late reflections of the sound are processed in ADRO is required to establish the exact explanation.
Eight out of ten subjects had similar sensitivity settings (12) in their processors. Because of the limited dataset, no relationship between subjects' intelligibility scores and sensitivity settings could be determined in the current study. Positive correlation between the subjects' electric dynamic range and intelligibility scores was observed in all tested conditions, indicating that subjects with a wider dynamic range could be expected to perform better in various listening conditions. This is in line with studies conducted by Loizou et al. (2000) and Fu and Shannon (2000) .
The present study could not establish any significant benefit with ADRO preprocessing on speech intelligibility in the specific tested conditions. Due to the limited Table 2 . Correlation coefficients between speech intelligibility and electric dynamic range of CI users in different listening conditions. "ACE" and "ACE þ ADRO" stand for standard ACE strategy without and with ADRO program, respectively. Significant correlation values are marked with "*." number of participants, their highly variable performance, and similarity in their MAP parameters, no clear trend between the intelligibility scores and their processing parameters (such as stimulation rate and sensitivity level) could be determined. Given that a CI user may or may not benefit with ADRO in different listening environments, ADRO may be left as an optional setting which could be turned on or off according to personal preference of the implant user. Further research is warranted to investigate long-term benefits of ADRO in practical listening environments (reverberation þ noise) as well as the effect of ADRO strategy on intelligibility of reverberant speech at both soft and loud presentation levels.
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1
The ADRO pre-processing strategy is available in CI devices manufactured by Cochlear Limited and many digital HAs (e.g., HAs manufactured by Interton, Siemens).
2
For generating noisy reverberant stimuli, the reverberant signal served as the target signal in the SNR computation. Hence, we refer to the SNR values in this condition as reverberant signal to noise ratios (RSNR).
3
The following website includes sample audio files for different conditions: www.utdallas.edu/hussnain.ali/ AudioFiles/.
